Scalable multimedia data transmission are subject to specific constraints such as the Quality of Service (QoS) of sensitivity classes and the transmission rate (yielding a maximum size of each frame to send). Many scalable source decoders are used to discarding data than processing an erroneous stream. This featuring class structure is helpful to define a strategy that determines the maximum number of classes to send and delivers the suitable protection and transmission scheme (coding rates and modulation) to apply in accordance with the transmission constraints. It leads to the possible truncation of frame parts transmitted with an Unequal Error Protection (UEP) scheme for severe channel conditions. In a MPEG-4 speech frames context, we compare our approach to other methods using equal error and existing UEP schemes. It results in a significant improvement of the Peak SNR (PSNR) quality in poor channel transmission conditions.
INTRODUCTION
Scalable encoding technics make easier the multimedia content delivery over heterogeneous networks with diverse end-user devices: as far as the representation of the multimedia data is concerned, they integrate into an unique bitstream several description of the same data at various rates and various perceived qualities; data is partitioned into frames, that are split into classes of importance (or subframes) according to their sensitivity to erroneous bits. In this paper, we aim at taking benefit of this hierarchical structure to design a transmission strategy that ensures the Quality of Service (QoS) of the received data.
Most of transmission strategies proposed by the State-Of-TheArt for scalable data [1, 2] use an Unequal Error Protection (UEP) scheme [3, 4] in order to protect in a selective manner all classes of a frame with respect to their error sensitivity: coding rates and modulation for each class are selected to find the best tradeoff between the information rate over the channel and the perceived quality of the decoded data. Nevertheless, this method reaches its limit for severe channel conditions, where data are too much corrupted to be correctly decoded. The following question could therefore be tackled: is it better transmitting all enhancement layers and venturing to decoded roughly corrupted data than sending only a part of the frame with a better error protection? The tradeoff (on which the transmission strategy is based) should take into account the number of classes to send, as in [5] in a specific system. Thus, the transmission strategy design refers to the optimization of resources allocation with the This work is part of the FP6/IST project M-Pipe and is co-funded by the european Commission. constraints laid down by the application layer: the fixed channel rate (i.e. symbol rate) and the QoS to achieve.
In order to solve this optimization problem, we provide a strategy which estimates the maximum number of classes to send (with respect to the channel state) while ensuring the constraints of transmission rate and QoS. For poor channel conditions, this method appeals to a sub-frames truncation procedure combined with a matched modulation and error protection scheme on the frame (or transmission unit TU) to transmit. In the one hand, the UEP method ( [6] and [3] ) adapts the encoding process to the required QoS, starting from the most important classes to the least ones. In the other hand, throwing a part of the frame away allows to fulfill (TU) size constraint.
This approach is called Flexible Transmission (FT). To load the FT process, the Cross-Layer strategy [7] provides us the required information from the application layer about the sub-frames sizes, the transmission data rate, the QoS requirements to the downer layers (network, physical) and the current channel state information from the physical layer to the network one.
The paper is organized as follows. Section 2 describes the communication system. Section 3 formulates the optimization problem and proposes a solution while section 4 draws up its efficiency through an example (MPEG-4 audio stream for telephony) in competition with current used transmissions, that are full Equal Error Protection (EEP)/UEP transmissions of the frame. Finally section 5 will conclude on the contribution of this method.
SYSTEM DESCRIPTION

Source coding parameters
Thanks to the scalable encoding process, each TU can be divided into I sub-frames (or sensitivity classes) denoted by {Ci} =1..I with various importance degrees, named source significant information. This parameter represents the susceptibility to errors for each class Ci. In other words, these degrees of importance feature the weight of each sub-frame on the perceived quality of the decoded media. Therefore, the higher the significance class is, the more the transmission of this class is sensitive to transmission errors. For each data-class Ci with 1 < i < I, this level of importance can be featured by a minimum BER to achieve, that will be denoted as Bi. It is assumed that BER requirements for each class (i.e. Bj) are previously defined in compliance with some perceptual quality measures.
Finally, Pi is defined as the proportion of the class Ci within a frame (so that z 1 Pi = 1) and N is the frame length before channel coding (in bits).
Transmission model
At the emitter, source data are encoded through an UEP scheme [4] that can be achieved using rate-compatible channel encoder [6] . In this paper, we use Rate Compatible Punctured Convolutional (RCPC) codes, but it could easily be extended to any other rate-compatible encoding process (such as turbo codes [8] or LDPC codes). The data are punctured with different coding rates, depending on the importance degree of each sub-frame Ci with 1 < i < I. The mother convolutional coding rate is denoted by R1 = whereas punctured coding rates are: (1) where P is the puncturing period. We will choose as an example a short-constraint-length L=9 ES, required by the algorithm and estimated by the receiver, is supposed to be transmitted to the emitter using a perfect feedback channel.
* it is assumed that the transmission of the bitstream header is error-free.
The maximum symbol rate, denoted by Sm,,a, is applicationdependent and is defined at the physical layer. It refers to the physical payload.
PROBLEM AND SOLUTION
Problem Setting
The framework is the transmission of scalable multimedia data under transmission rate and QoS constraints. Several transmission strategies [3, 4] mission. This method is based on the following assumption: it is up to the physical layer to select which part of the frame is to be sent while respecting the transmission rate and QoS required from the application layer. It leads to an optimization problem, consisting in in the maximization of the number of classes to transmit within a frame and still:
* ensuring the QoS constraints, * respecting the specified frame maximum size on the channel, * favouring classes with higher importance. This purpose can be fulfilled by making coding rates and the modulation vary from a sub-frame to another.
This where it is reminded that Smax and Bi are defined by the application layer. This is equivalent to source block data rate optimization under fixed channel rate, QoS and priority transmission constraints. Note that ES is our invariant parameter for the classes transmission over the channel (unlike Eb that changes for each class) since energy per symbol is set to be constant when switching the modulation block. Thus, it will be used in order to establish performance curves of the methods we will compare in the next section.
Description of the algorithm
The proposed algorithm tracks three steps:
Step 
. update STU with the argument of this minimum.
-if Aj condition is reached for one mode m * if j=k then Iflex = j = k. Stop the algorithm, * else increment j so that j+l becomes the most important class index and loop to step 2. Otherwise, go to step 3.
Step 3: Truncation process.
-While (STU > SmaX), 1. delete Ck and update STU, 2. decrement k so that k-I becomes the new least important class index. -If the removed class corresponds to the most important class that is under process during step 2 (ie k=j-1), stop the algorithm. Otherwise return to step 2.
First of all, the minimum selection process (in Step 2, minimize (Rm,j Nm) -1) allows to reduce STU consumption.
In addition, the truncation level applied on the TU depends on the ST u ratio and on the data classes size we truncate. Truncation task can be invoked several times.
We finally get the set of classes (Ci,..., CIf1x that can be transmitted, the associated coding rate (R1, ..., Rflex and the suitable modulations set (ml, ., mif19ex) 3.3. Interpretation and discussion * Reception system complexity reduction Information data rate optimization is performed at the physical layer: source coder sends a maximum and fixed bitstream to the physical layer that triggers the flexible transmission algorithm. This layer then gives the Iflex number of classes to the MAC layer that is supposed to make the decision about the sub-frames to truncate. Hence lower layers manage the information level within a frame that is to be transmitted over the channel. Therefore, messages exchange (between the source and the channel units) reduction results from this strategy.
* Requirements in the communication system
On the one hand, the transmitter needs to access the channel state information (within the feedback information) in order to derive the flexible transmission. On the other hand, the receiver needs to know the truncation level applied to each received frame (number of deleted classes), code rates applied to the transmitted classes in order to decode correctly the received sequence. It is possible to design our algorithm in both receiver and transmitter sides.
Perfect feedback information received by the transmitter is assumed. It will ensure the optimality of the derived rate codes set given by our method. In addition, classes size is assumed to be constant so it will not affect the performance accuracy of the (R1, ..., RI) set (if an important class Ci size increases, a part of its may not be coded with the same Ri (the tail) but with Rji+ which can be weaker than Ri).
APPLICATION TO MPEG-4 AUDIO DATA
CELP Audio scalable structure
An adaptation of the proposed algorithm to the transmission of scalable speech data is proposed to evaluate the algorithm performance. The MPEG-4 standard [9] includes a CELP coder, that can encode speech signals sampled at 8 kHz into 12-kbps bit-rate bitstream and provides Bit-Rate Scalability (BRS). By an appropriate choice of the encoder parameters, the bitstream frames are split into a 4-classes structure. The first class, namely the base layer, is generated with a core CELP encoder operating at 6 kbps: it represents the speech signal thanks to a production model based on an excitation signal (encoded with 98 bits per frame) passed through an auto-regressive filter (represented by 22 bits per frame). The BRS tool provides the 3 remaining classes. Each class adds a 2 kbps information to the core bitstream and progressively reduces coding artefacts thanks to an improved encoding of the excitation signal (with 40 bits per frame). The whole scalable bitstream is finally built as a succession of frames, each of them containing N = 240 bits sorted into a 120-bit base layer and three 40-bit enhancement layers.
Test plan
Standard link parameters
The puncturing period P of the RCPC codes is chosen equal to 8.
The code rates list L can then be obtained from equations (1) The maximum symbol transmission rate is set to: Smx = 360 symbols per frame.
Audio scalable data parameters
According to the chosen scalable coder structure, the class proportions are the following: P1 = 1, P2= P3= P4= 6. We assume that the QoS to reach for our application can be described by the following BERi of each class: n=O where x(n) is the original speech signal (from which the scalable bitstream is computed), y(n) is the decoded speech signal (after its transmission on the considered channel), M is the number on analysis windows and Na, the length of each analysis window. prompter than the other ones to reach the maximum reachable PSNR Ql, Q2 and Q3, when Es < 1 dB: for instance, the FT method reaches the Q1 line 1 dB sooner than the other (that is, more particulary, the EEP scheme at Es -1 dB). For Es > 0 dB, the FT curve matches the EEP one, since EEP is known to reach the best transmission results for good channel conditions. * The performance gap widens with the decrease of Es. Indeed, for E-s = -3 dB (poor channel conditions), a 8 dB PSNR gain is noticed for FT compared to the best of the EEP and the UEPs scheme, that is UEP1. In the meanwhile, for medium Es range (-1.8 < El < -0.27 dB), the contribution for FT is smaller but still remains significant: for instance, 0.8 dB for Es =-1 dB. It means that the worst the channel state is, the higher PSNR improvement is achieved in relation to the other strategies (EEP, UEPs), fixing a minimum QoS. * For poor physical channel conditions, it must be noted that the EEP and usual UEP methods don't achieve the required QoS. Indeed as it focuses on the protection of the most i important classes for UEPi while sending them all, it consequently neglects the other classes. It results a significant degradation on the PSNR of the frame: for example UEP1 is far much worse than FT with one class sent (for Es < -2dB).
The quality improvement is obvious above all for FT scheme.
One critical question dealing with realtime applications is about the period of code rates calculation (and the number of classes to send to be maximized): for short frames (this is the case in our example), it is relevant not to run our algorithm for every TU, especially if the transmission rate is high (as it enlarges feedback information). It depends on the channel state time variation. We assume that propagation channel is time-invariant or if the case arises timevariant with not too short coherence time. Moreover, we consider that classes proportion does not change quickly.
In this paper, we proposed a new algorithm for the transmission of scalable data with QoS and transmission load constraints. This so-called flexible transmission scheme discards some enhancements layers data from transmission in order to better protect the transmitted layers of higher importance. It process needs to maximize the number of enhancements layers to send under QoS and load requirements. It allows to improve the perceived QoS in terms of PSNR for poor transmission channel conditions, when comparing to several existing schemes. The proposed strategy adapts the resources allocation to the (heterogeneous) radio link, with modulation, code rates parameters. It tends therefore to minimize retransmissions of data (i.e., Acknowledgement ReQuest (ARQ)).
The proposed resources allocation method is analyzed in this paper with a speech scalable coder (a MPEG-4 CELP encoder) and can be applied without loss of generality to other scalable data coders (audio or video for instance).
Future work will spot on comparing our method to optimal UEP scheme and on its design to the case of a more realistic propagation channel on the physical layer.
